Psychoacoustic masking experiments have been widely used to investigate cochlear function in human listeners. Here we use simultaneous notched-noise masking experiments in normal hearing listeners to characterize the changes in auditory filter shape with stimulus level over the frequency range 0.25-6 kHz. At each frequency a range of fixed signal levels ͑30-70 dB SPL͒ and fixed masker levels ͑20-50 dB SPL spectrum level͒ are used in order to obtain accurate descriptions of the filter shapes in individual listeners. The notched-noise data for individual listeners are fitted with two filter shape models: a rounded exponential ͑roex͒ shape in which the filter skirt changes as a linear function of probe-tone level and the other, in which the gain of the tip filter relative to the filter tail changes as a function of signal level ͓Glasberg and Moore, J. Acoust. Soc. Am. 108, 2318-2328 ͑2000͔͒. The parameters for these fitted models are then described with a simple set of equations that quantify the changes in auditory filter shape across level and frequency. Both these models fitted the data equally well and both demonstrated increasing tip-tail gain as frequency increased.
I. INTRODUCTION
The fundamental properties of the cochlea as a frequency analyzer have been widely studied both from physiological and psychoacoustical points of view. It is now generally accepted that the filtering properties of the cochlea are nonlinear in that the "auditory filters" broaden with increasing stimulus level.
In physiological terms, measurement of basilar membrane ͑BM͒ motion has clearly demonstrated compressive nonlinear behavior that is manifest as sharply tuned excitation at low levels with broader tuning at high levels ͑or in the "damaged" cochlea͒ associated with a basalward spread of excitation along the BM ͑Rhode, 1971; Ruggero and Rich, 1991; Ruggero et al., 1997; Russell and Nilsen, 1997͒ . It is thought that normally functioning outer hair cells ͑OHCs͒ in the cochlea provide saturating electromechanical amplification of the traveling wave ͑e.g., Davis, 1983; Ruggero, 1991; Dallos, 1992; Russell and Nilsen, 1997͒ and that damage to the OHCs reduces or abolishes this nonlinear enhancement of tuning ͑e.g., Ruggero and Rich, 1991; Murugasu and Russell, 1995; Ruggero et al., 1996͒ . For a sinusoidal signal this nonlinear enhancement of tuning is restricted to a relatively narrow region of the BM specific to the stimulus frequency ͑Russell and Nilsen, 1997͒. If measurements are made more basally to the characteristic place for that signal the response appears to grow in a more linear manner. Similarly, for BM measurements at a single place, the response for a tone well below the characteristic frequency ͑CF͒ for that place is linear ͑e.g., Ruggero et al., 1997͒ . However, such measurements have mainly involved the basal regions of the cochlear, and there is evidence that for apical regions the BM compression is not restricted to the CF region in the same way ͑Rhode and Cooper, 1996͒.
The broadening of auditory filters with increasing stimulus level has also been widely documented in psychoacoustic studies of masking ͑e.g., Weber, 1977; Pick, 1980; Lutfi and Patterson, 1984; Glasberg and Moore, 1990; Rosen and Stock, 1992; Rosen and Baker, 1994; Moore and Glasberg, 1987; Baker et al., 1998; Rosen et al., 1998; Hicks and Bacon, 1999; Glasberg and Moore, 2000͒ . Many of these studies have used the notched-noise masking technique ͑Patter-son, 1976͒ to estimate the effective "filter shape" and to quantify how the filters broaden as a function of stimulus level. Studies by Moore and colleagues have attempted to describe the change in auditory filter bandwidth across frequency and across level with the aim of deriving realistic "excitation patterns" ͑Moore and Glasberg, 1983 Glasberg, , 1987 Glasberg and Moore, 1990͒ . More recently Rosen and colleagues have developed a procedure for fitting a filter shape model to notched-noise data such that the shape can be an explicit polynomial function of either the signal level or the masker level ͑Rosen and Baker, 1994; Rosen et al., 1998͒. Using this "POLYFIT" procedure Rosen and colleagues have argued that the aspect of the signal that determines the shape of the filter is more closely related to the signal level rather than the masker spectrum level. Glasberg and Moore ͑2000͒ took a similar approach but explicitly fitted a model which had "tip" and "tail" filters where the gain of the tip relative to the tail was described by a function that could be linear at low and high levels and nonlinear in between ͑see also Glasberg et al., 1999͒. Glasberg and Moore ͑2000͒ supported the findings of Rosen and colleagues that a signal-leveldependent model fitted the data better than a model in which the parameters depended on the masker level. Interestingly, for the data sets analyzed by Glasberg and Moore ͑2000͒, using a more "realistic" function to describe the tip-tail gain produced relatively small changes in the goodness-of-fit compared to the linear function used by Rosen and colleagues ͑apart from at 250 Hz where the linear function was worse͒. While these studies all concentrated on describing the filter shape, Irino and Patterson ͑1997͒ derived the "gammachirp" as a level dependent time-domain description of human auditory filtering and showed that it could also be used to describe notched-noise masking data using only four free parameters in the fitted model. These studies that have tried to characterize level dependent changes in filter shape across frequency show that the level dependency is somewhat less at lower frequencies. This has been attributed to a decrease in BM nonlinearity at the lower frequencies. Such a suggestion has also been put forward to explain the decrease in "cochlear compression" estimated from growth of masking ͑GoM͒ experiments ͑Stelmachowicz et Oxenham and Plack, 1997; Plack and Oxenham, 1998; Plack and Oxenham, 2000͒ . However, as Plack and Oxenham ͑2000͒ point out, such a procedure is dependent on the "differential compression between the signal and the masker" and that any compression of the masker in addition to that of the signal will cause an underestimation of the degree of cochlear compression. Given the results of Rhode and Cooper ͑1996͒, which suggest that the nonlinearity is more spread out in the apical region of the cochlear, it is to be expected that such measures of relative compression between the effectiveness of on-and off-frequency will underestimate compression at the lower frequencies.
More recently, studies based on forward masking, and in particular using temporal masking curves ͑Nelson et al., 2001͒ have suggested that the degree of compression derived from such masking experiments is independent of frequency, with compression at 250 Hz being similar to that at higher frequencies ͑Lopez- Poveda et al., 2003; Plack and Drga, 2003; Nelson and Schroder, 2004͒. The aim of the present study is to use a comprehensive set of simultaneous masked notched-noise thresholds to characterize the nature of auditory filtering in individual listeners and to use these data to derive relatively simple quantitative descriptions of auditory filtering across level and frequency. While a subset of the notched-noise data used here was presented by Baker et al. ͑1998͒ and also analyzed by Glasberg and Moore ͑2000͒ these two studies only used data averaged across two listeners. Here we employ data from a larger group of listeners and concentrate on the analysis of individual listeners' filter shapes with the aim of generalizing across frequency. We also consider the effect of the middle ear transfer function on the derived filter shapes. Finally, these notched-noise data sets are fitted using the signal-leveldependent ͑SLD͒ model of Glasberg and Moore ͑2000͒ and these are compared with the filter shapes obtained using the POLYFIT procedure of Rosen and colleagues.
While this study utilizes simultaneous masking, it is important to acknowledge that such a technique will underestimate both the frequency selectivity and any derived measure of cochlear compression compared to BM measurements ͑and forward masking experiments͒. Such differences are attributable to the effect of suppression, in addition to masking, when the masker and stimulus are presented simultaneously ͑e.g., Delgutte, 1990; Moore and Vickers, 1997; Moore et al. 1999͒ .
II. METHODS

A. Listeners
A total of 10 normally hearing listeners ͑thresholds Ͻ20 dB HL 0.25-8 kHz͒ were used for the study ͑4 male, 6 female͒. These listeners were aged between 20 and 37 years old. Two of the listeners completed the full set of measurements at each of the seven frequencies. A further two listeners completed two of the frequencies each and the remaining six listeners completed measurements at just one frequency.
B. Masked threshold estimation
Masked thresholds were determined for sinusoidal probe tones at each of a range of seven frequencies in the presence of notched-noise maskers with variable notch widths. The probe tone frequencies used were: 0.25, 0.5, 1, 2, 3, 4, and 6 kHz. Four listeners took part at each of the frequencies apart from 3 and 6 kHz where only two listeners took part ͑these two also completed measurements at each of the other frequencies͒. The notches were placed both symmetrically and asymmetrically about the relevant probe frequency and either the probe level or the noise level could be varied to determine the thresholds. A two-interval, two-alternative forced-choice paradigm with feedback together with a threedown, one-up tracking procedure was used to estimate the 79% point on the psychometric function. Listeners responded on a button box, with illuminated buttons indicating presentation intervals and providing feedback. From a starting level at which the probe was clearly audible, the varying sound, either probe or masker, was initially changed in 5 dB steps, with step size decreasing by 1 dB after each turnaround. Once the step size reached 2 dB, it remained constant for a further eight turnarounds, the mean of which was taken as the threshold. For each particular combination of notch width and fixed probe or fixed masker level, two thresholds per listener were typically obtained. Threshold measurements where the standard deviation of the last eight turnarounds exceeded 3 dB were rejected and the measurement repeated. Also, where two measurements of the same condition in the same listener differed by more than 3 dB, a further measurement was taken and the average of all measurements used.
C. Stimulus configuration
The outside edges of the masker noise were fixed at f 0 ± ͑0.8ϫ f 0 ͒. For example, the outside edges of the noise were placed at 0.4 and 3.6 kHz when a 2 kHz probe tone was being used. A maximum of 16 different notch conditions were used ͑6 symmetric and 10 asymmetric͒. The frequencies of the edges of the notch are specified in normalized frequency units relative to the probe frequency ͑f 0 ͒ as given by ͉͑f − f 0 ͉͒ / f 0 . In the symmetric conditions, both notch edges were placed at normalized values of 0.0, 0.1, 0.2, 0.3, 0.4, and 0.5. In the asymmetric condition one of the notch edges was set at a normalized value of 0.0, 0.1, 0.2, 0.3, and 0.4, while the other was set to 0.2 normalized units further away ͑0.2, 0.3, 0.4, 0.5, and 0.6͒.
When the masker level was fixed, masker spectrum levels ͑N 0 ͒ ranging from 20 to 50 dB SPL in 10 dB steps were used ͑for 2 kHz probe N 0 spectrum levels of 60 dB SPL were also used for three of the four subjects͒. When the probe level was fixed, probe levels ͑P s ͒ ranging from 30 to 70 dB SPL, again in 10 dB steps, were used. Blocks of 16 threshold measurements were used where all 16 notch widths were measured for one frequency and signal or masker level, with a maximum of 9 different level conditions used at each frequency. The order of presentation within blocks was randomized, and one block took approximately 40-60 min to complete. The order of conditions was also randomized. At each of the seven probe frequencies there were a total of 144 level/notch possible combinations ͑with each threshold measured at least twice͒. There were a total of 24 listener/ frequency combinations giving approximately 7000 masked threshold measurements in total ͑144ϫ 24ϫ 2͒.
D. Stimulus generation
All the stimuli were computer generated at a sampling frequency of 40 kHz. The time wave form of the probe was calculated independently of the masker and consisted of a steady state portion of 360 ms plus 20 ms raised-cosine onsets and offsets. The probe was temporally centered within the masker which consisted of a 460 ms steady-state portion with 20 ms raised-cosine-squared 1 onset and offsets. To generate the masker, the desired frequency spectrum was defined by setting all the spectral components ͑spaced at intervals of 1.22 Hz͒ within the appropriate frequency limits to have equal amplitudes while those outside were set to zero. Nonzero components had their phases randomized uniformly in the range of 0 -2 rad. An inverse FFT was then applied to generate the time wave form. At the start of each threshold determination, a 3.2768 s buffer of noise was generated for use during that test. On each trial, a 500 ms portion of the buffer was chosen randomly for each of the two masker intervals within each trial.
The probe and masker were played out through separate channels of a stereo 16 bit D-A converter and attenuated independently under computer control before being electrically mixed ͑PA4 and SM3 from Tucker-Davis Technologies͒. The signal was then sent via a balanced line to a final amplifier in a sound-treated room where it was presented monaurally to the right ear via Etymotic ER2 insert earphones. Calibrations were carried out using a B&K 4157 ear simulator ͓conform-ing to IEC 711 and ANSI S3.25/1979 ͑ASA 39/179͔͒ with a B & K DB 2012 ear canal extension.
E. Analyses
Level dependent filter shapes
At each frequency a variety of models were fitted to each listener's data individually, using the POLYFIT procedure. All of the models were variants of the asymmetric roex͑p , w , t͒ model. For a more detailed discussion of the fitting procedure the reader is referred to Rosen et al. ͑1998͒ . In this paper we will concentrate on a simple model that characterizes the dominant aspects of auditory filter nonlinearity and yet allows simple parametrization of the filter shapes across frequency. In this relatively simple model, the upper half of the filter was described with a roex͑p͒ shape where the "p u " parameter is independent of signal level. The lower half of the filter shape is described by a complete roex͑p l , w l , t l ͒ shape in which the "w" parameter is allowed to vary with signal level-a linear function of probe-tone level. Such a simplified model was chosen as it described the major changes in filter shape with level, allows simple interpretation of parameter behavior across frequency, and is akin to the SLD͑wlin͒ model of Glasberg and Moore ͑2000͒. In fitting the filter shapes to the data it is also necessary to estimate k, a level independent parameter representing the signal-to-noise ratio necessary for detection at the output of the filter. Finally, we also used the ability of POLYFIT to estimate an absolute threshold ͑A͒ that is never allowed to vary with level. Thus, in total, there are 7 free parameters in the model fitted to data at a single frequency: p l , p u , t l , k, A, and the two parameters w l1 and w l2 which describe the straight line relationship between w l and probe-tone level. In using this procedure to fit the filter shapes the gain at the center frequency is assumed to be zero and the attenuation at other frequencies is expressed relative to this. The solid lines in Fig. 1 show examples of predicted thresholds using this roex model.
Corrections for middle ear transfer functions
In order to consider the properties of the cochlear filtering processes on their own it is necessary to separate these processes from the frequency dependent effects of the outer and middle ear. This can be achieved by applying a weighting function to the representation of the masker spectrum in the fitting procedure. For example, in the present study a flat spectrum noise was delivered to the tympanic membrane. However, the middle ear transfer function will reduce the amplitude of this signal entering the cochlea for frequencies below about 400 Hz and above about 4 kHz. By applying an appropriate weighting to the representation of the noise in the fitting process, the fitting procedure can take into account the fact that outside these frequency ranges less masker energy will be entering the cochlea. This was carried out as part of the filter fitting procedure in a manner similar to that described by Glasberg and Moore ͑1990͒ using the middle ear transfer function measured in human cadavers as described by Puria et al. ͑1997͒ . This function is approximated by Puria et al. ͑1997͒ as a bandpass filter with slopes of −8 dB/octave above 4 kHz and 4 dB/octave below 400 Hz, although here we use a smoothed version of their actual transfer function rather than these approximations. No cor-rections for the headphone or the ear canal transfer functions were used as the ER2 insert earphones give a flat frequency response at the eardrum.
SLD fits
In addition to using the POLYFIT procedure to fit filter shapes to the individual listeners' data-the SLD ͑signal-level-dependent͒ procedure described by Glasberg and Moore ͑2000͒ was also used to fit the data both with and without the middle ear weighting function. The model used in this procedure is based on the roex͑p , w , t͒ filter model except that the gain of the tip filter relative to the tail filter is allowed to vary in a way similar to that of the basilar membrane input-output function. One gain parameter ͑G max ͒ describes the maximum gain at low signal level. The other model parameters are invariant with level.
III. RESULTS
A. Growth of masking functions
Example plots of growth of masking ͑GoM͒ functions can be seen in Fig. 1 from listener AD at tone frequencies of 0.25 and 2 kHz. In Fig. 1 the probe tone level at threshold is plotted against masker spectrum level for the different notch conditions and for both fixed tone and fixed masker conditions. The solid lines represent the fits to the data estimated using the POLYFIT procedure and the dashed horizontal lines represent the absolute threshold estimated from the data using the same procedure.
These GoM functions clearly demonstrate the changing shape of the auditory filters as the signal level increases-the GoM functions tend to converge indicating a broadening of the filters. For a linear filter the GoM functions would be parallel ͑above absolute threshold͒. Notice from the examples shown in Fig. 1 that for the 2 kHz wide-notch conditions the GoM functions are approximately parallel, whereas the GoM functions for the narrower notches show more curvature. One possible interpretation of this is that the nonlinearity at this frequency is limited to passband of the filter and that the filter skirts are more linear. For the 250 Hz conditions shown in Fig. 1 , there appears to be less of a distinction in the degree of convergence of the GoM functions which may suggest that the nonlinearity is more distributed across the whole of the filter bandwidth.
B. Fitted filter shapes
At each frequency the POLYFIT procedure was used to fit filter shapes to each listener's data sets individually both with and without the middle ear weighting function as described above. The mean rms error in the fit was 1.594 dB ͑s.d.= 0.292͒ for the unweighted fits and 1.607 dB ͑s.d. = 0.303͒ for the weighted fits. Regression analysis was used to describe how the fitted parameters varied across frequency. Those parameters derived using the middle-ear weighting in the fitting are plotted as a function of frequency in Fig. 2 .
For each of these the regressions, a linear dependency on logarithmic frequency is required ͑p Ͻ 0.01͒ except when the middle ear weighting is applied in which case parameter p u is independent of frequency ͓see Fig. 2͑a͔͒ and parameter t l requires a quadratic term to describe its relationship with frequency ͓p Ͻ 0.001, Fig. 2͑d͔͒ . The regression equations that describe how the parameters vary across frequency for both the weighted and unweighted fits are given in the upper half of Table I .
The w l2 parameter indicates the rate at which w l changes with level ͑i.e., the rate of change of the tip-tail ratio with increasing signal level͒. The value of w l2 generally increases with frequency. The mean value is 0.517 ͑s.d.= 0.06͒ at 0.25 kHz and 0.616 ͑s.d= 0.01͒ at 6 kHz. If this value of w l2 is presumed to represent a change in the tip-tail ratio with signal level then they correspond to relative compression ratios between the filter tip and skirt of 2.1:1 and 2.6:1 respectively. Figure 3 shows the filter shapes derived from the "unweighted" equations given in Table I for 50, and 70 dB SPL ͑dashed lines͒, along with those derived from the filter shapes fitted with the middle ear weighting ͑solid lines͒. Figure 3͑a͒ shows the filters as described by the roex equations ͑i.e., normalized to 0 dB at the center frequency͒. Figure 3͑b͒ follows Rosen et al. ͑1998͒ and shows the filters normalized to 0 dB at 0.4ϫ center frequency ͑cf͒. Such figures allow visualization of the decrease in gain at cf as signal level increases. However, as discussed earlier, the assumption of linearity well below cf is probably not entirely valid at the lower frequencies.
From Fig. 3 it is obvious that the main effect of applying the middle ear transfer function is one of making the lowfrequency side of the filters shallower except at the highest frequencies. A similar effect has previously been shown by Glasberg and Moore ͑1990͒ where corrections for the middle ear transfer function were based on minimum audible field measurements and on the 100 phon equal loudness contour.
C. Equivalent rectangular bandwidths "ERBs…
From the above-described fitted filter shapes the equivalent rectangular bandwidth was calculated for each individual listener/frequency condition for signal levels of 30, 50, and 70 dB SPL. These calculations were carried out for both the unweighted and weighted filter shapes. The mean and standard deviations of these ERBs are given in Table II .
From Table II we can see that, in addition to the increase in ERB with frequency, the ERB changed little between 30 FIG. 2. Variation of the fitted parameters across frequency ͑middle ear weighting function applied during fitting͒. Parameters p l and p u are shown in ͑a͒, w l1 in ͑b͒, w l2 in ͑c͒, and t l in ͑d͒. Note that w l2 gives the rate of change in the w l parameter with level. The w l1 and w l2 parameters are combined to describe w l as a function of signal level: w l = w l1 + w l2 ϫ ͑signal level͒. Note, p u is invariant with frequency while t l shows a quadratic dependency on frequency. The equations for the fitted regression lines are given in Table I.   TABLE I . Equations describing the fitted model parameters as a function of log frequency. The upper panel shows the equations describing the POLYFIT parameters, while the lower panel shows the equations describing the parameters obtained using the SLD procedure of Glasberg and Moore ͑2000͒. The second column gives the regression equations for the filter parameters obtained without compensation for the middle ear transfer function. The right-hand column gives the equations obtained when compensation for the middle ear transfer function was used in the fitting procedure. For each of the equations shown the p value associated with the regression was less than 0.05. The bottom rows of the POLYFIT table show how the w l1 and w l2 parameters, which are used to describe w l as a function of signal level, vary across frequency. For the POLYFIT model the w l1 and w l2 parameters are combined to describe w l as a function of signal level: w l = w l1 + w l2 ϫ ͑signal level͒.
Parameter
No middle ear correction Middle ear correction POLYFIT p l p l = ͓13.57ϫ log 10 ͑f͔͒ − 9.31 p l = ͓17.23ϫ log 10 ͑f͔͒ − 21.50 p u p u = ͓6.02ϫ log 10 ͑f͔͒ + 7.22 p u = 25.85 t l t l = ͓−3.43ϫ log 10 ͑f͔͒ + 20.10 t l = ͓10.4ϫ log 10 ͑f͒ 2 ͔ − ͓62.7ϫ log 10 ͑f͔͒ + 100.1 w l1 w l1 = ͓−15.75ϫ log 10 ͑f͔͒ + 5.96 w l1 = ͓−14.73ϫ log 10 ͑f͔͒ + 0.83 w l2 w l2 = ͓0.14ϫ log 10 ͑f͔͒ + 0.095 w l2 = ͓0.119ϫ log 10 ͑f͔͒ + 0.17 SLD p l p l = 13.24ϫ log 10 ͑f͒ − 8.576 p l = ͓16.73ϫ log 10 ͑f͔͒ − 20.04 p u p u = ͓4.34ϫ log 10 ͑f͔͒ + 11.57 p u = 24.98 t l t l = 10.03 t l = ͓5.53ϫ log 10 ͑f͒ 2 ͔ − ͓30.8ϫ log 10 ͑f͔͒ + 29.2 G max G max = ͓10.01ϫ log 10 ͑f͔͒ + 15.50 G max = ͓12.87ϫ log 10 ͑f͔͒ + 5.20
and 50 dB SPL signal levels but increased more markedly between 50 and 70 dB SPL. This constant filter bandwidth at lower levels is likely to be due to the fact that the ERB calculation is dominated by energy in the passband of the filter while the dominant changes in the above-described filter shapes are in the filter skirts. It is only at the higher signal levels that the skirt is high enough relative to the filter tip for it to have an influence on the ERB calculation ͑Baker and Rosen, 2002͒. Notice also, from Table II that the application of the middle ear weighting function has relatively little effect on the ERB apart from at low frequencies and high signal levels. This should be expected from Fig. 3 where it can be seen that the middle-ear weighting raises the lowfrequency skirt of the filter at these low frequencies and that the tip-tail distinction is much less pronounced.
D. SLD fits
The SLD procedure described by Glasberg and Moore ͑2000͒ was also used to fit the listeners' individual data sets and the fitted parameters were described as a function of frequency. The fitted p l and p u parameters showed similar variations with frequency to those obtained with the POLYFIT procedure. The lower half of Table I shows the regression equations that describe how the fitted parameters vary across frequency. Again, applying the middle ear weighting caused the t l parameter to take on a quadratic form. Note that the " w" parameters given by the POLYFIT procedure are now replaced by a single fitted parameter-G max , which defines the form of the tip to tail gain function. The upper plot of Fig. 4 shows the variation in G max with frequency. The mean values of G max generally increase with frequency from 37 dB ͑s.d. = 3.5͒ at 0.25 kHz to 49 dB ͑s.d.= 1.8͒ at 6 kHz.
Using the equations from the lower part of Table I for the middle-ear-weighted fits, filter shapes were derived using the procedure described by Glasberg and Moore ͑2000͒. This procedure is not the same as used earlier to generate Fig. 3 . For each filter shape in Fig. 3 the shape of the filter is defined by the level of the signal at the filter's CF. Glasberg and FIG. 3 . Filter shapes derived from the set of POLYFIT equations given in Table I . The solid lines show the filter shapes obtained with the middle ear weighting taken into account in the fitting procedure. The dashed lines represent the filter shapes obtained without applying the middle ear weighting function. At each frequency the parameter values are calculated using these equations and the filter shapes plotted for probe-tone levels of 30, 50, and 70 dB SPL. The upper plot shows the filter shapes normalized to have 0 dB gain at the center frequency. The lower plot shows the same filter shapes normalized to give 0 dB gain at 0.4ϫ center frequency. Filter shapes at 3 and 6 kHz are omitted for clarity. TABLE II. Equivalent rectangular bandwidths expressed in hertz, with standard deviations in brackets. The ERBs were calculated from the filter shapes for each individual listener at the three signal levels shown and the mean and standard deviation calculated across the listeners at each frequency. The ERBs are shown both with and without the use of middle ear weighting in the filter fitting procedure. The second from bottom row shows the ERB values from Glasberg and Moore ͑1990͒ and the bottom row shows the ERB values calculated from the SLD fits to the data in the current study using the level-independent p parameters to calculate the ERB. Moore ͑and Fig. 4 of the present study͒ use an iterative procedure in which the shape of the filter depends on the filter's own output. Thus for a filter centered on 1 kHz and a signal of 0.5 kHz, the filter will attenuate the signal, this will lead to a decrease in the filter output and thus an increase in the gain of the tip portion of the filter. This difference can most easily be seen if the 4 kHz filter in Fig. 3͑b͒ is compared with that of Fig. 4͑b͒ . In Fig. 3͑b͒ there is a pronounced transition region between the tip and tail. In Fig. 4͑b͒ this is not as evident, as this is the region where level dependent gain effectively broadens the filter. In terms of how well the two models fit the data, the average rms errors for the POLY-FIT and the SLD middle-ear-weighted fits are 1.61 dB ͑s.d. = 0.30͒ and 1.68 dB ͑s.d.= 0.30͒, respectively. Thus there is very little to choose from in terms of the difference in goodness of fit of the two models to the data.
E. Filter shapes and the extent of nonlinearity at low frequencies
For high signal frequencies the filter shapes from the POLYFIT procedure show a clear "linear" low frequency tail region. For example, in the 4 kHz filter shown in Fig. 3͑b͒ , the nonlinear passband of the "tip-filter" does not spread down to the low frequencies. This also seems to be reflected in the GoM functions as discussed earlier ͑e.g., 2 kHz plots in Fig. 1͒ . For the 250 Hz filter shape however, the nonlinear passband appears to spread right down to the tail of the filter suggesting that the response may still be nonlinear at 0.4 ϫ CF. This can be more clearly seen from the SLD fits shown in the lower plot of Fig. 4 , where the gain curves of the 250 Hz filters fail to converge at 0.4ϫ CF.
In addition, the model filter shape used in the POLYFIT procedure in this study is restricted to a roex͑p , w , t͒ on the low frequency side in which only the w parameter is allowed to vary with level. Such restriction of the filter shape, while allowing a straightforward description of the parameters across frequency, may not be ideal for all signal frequencies. If these constraints are relaxed and each of the parameters p l , w l , and t l are allowed to be linear functions of probe-tone level ͑p u remains independent of level͒ then the relative compression estimated at 250 Hz changes from a mean of 0.625 ͑s.d.= 0.095͒ to 0.461 ͑s.d.= 0.150͒. If this is repeated for each signal frequency the change in compression across frequency is no longer significant. However, when such a model is fitted to the data of individual subjects not all the parameters are constrained in the fitting process for every subject which thus makes interpolation of the parameters across frequency difficult.
IV. DISCUSSION
This study attempts to characterize how the signal-leveldependent auditory filter shapes measured with notchednoise masking change across frequency. When the filter shapes are fitted to individual subjects' masked thresholds the general patterns of fitted parameters are similar across the subjects. This has allowed the fitted parameters to be described as functions of signal frequency.
The filter shapes themselves follow the same pattern as those described by Rosen et al. ͑1998͒ at 2 kHz, although in the present study the complexity of the fitted filter shapes is limited to the lower w parameter being allowed to vary with level. By removing the effect of middle ear filtering in the fitting procedure a similar pattern was also observed to that shown by Glasberg and Moore ͑1990͒ using a weighting function derived from minimum audible field measurements. The main effect of applying this middle ear weighting function is one of raising the low-frequency skirts for the lowfrequency filters ͑see Fig. 3͒ . This is as expected, since compensating for the transfer function effectively "removes" some of the low-frequency masker in the fitting procedure and thus a raised filter skirt is then required to account for the masked thresholds. In terms of the actual filter shapes, correcting for the middle ear transfer function means that the tip-to-tail gain increases more dramatically with increasing frequency ͓see Fig. 3͑b͔͒ as a result of this change in filter asymmetry.
Quantifying the frequency selectivity of the ear with a single parameter has traditionally been done using the ERB. While it has been known for some time that the ERB increases with frequency ͑e.g., Glasberg and Moore, 1990͒, the ERB, as a descriptor of frequency selectivity, is somewhat limited in that it is dominated by the tip of the filter shape and thus does not correlate well with changes in the filter tails. This can be clearly seen in Table II , where the ERB for three different signal levels ͑at the seven frequencies͒ is given. It is only at the higher signal levels, when the low frequency skirt of the filter approaches the tip, that the ERB changes with increasing signal level. The ERB values for the FIG. 4 . The upper plot shows the variation of the fitted "G max " parameters following the fitting procedure of Glasberg and Moore ͑2000͒ using the middle ear weighting function described in the text. The lower plot shows the derived filter shapes for the weighted fits following the procedure of Glasberg and Moore ͑2000͒. Filter shapes are plotted for probe-tone levels of 30, 50, and 70 dB SPL. Filter shapes at 3 and 6 kHz are omitted for clarity.
